Abstract: LTE broadcast or evolved multimedia broadcast multicast service (eMBMS) enables operators to efficiently launch media services over LTE to meet mobile users' demand on multimedia services. This paper introduces two mechanisms that use the standard deviation (StD) of eMBMS user's modulation and coding scheme (MCS) level group operated on single cell mode to select its optimal MCS level efficiently. Typically, MCS level is selected on the basis of users' worst channel condition, which results in wasting network resources. Since the eMBMS performance directly depends on the selected MCS level, an efficient adaptive modulation and coding (AMC) scheme is essentially needed. The proposed mechanisms are simulated using LTE simulator, and the results show that the proposed mechanisms increase the eMBMS performance in terms of throughput, delay and packet loss ratio, compared to the worst channel gain and averaging mechanisms.
Introduction
Mobile broadband users are demanding spontaneous access to video content, higher-quality experience, and more convergent mobile services than ever before. Owing to the popularity and adoption of smartphones and tablets, mobile subscriptions for high data consumption devices are expected to reach 6.5 billion by 2018. Mobile data traffic is expected to grow 15 fold by the end of 2017, driven mainly by video. LTE Broadcast enables operators to efficiently launch media services over LTE to meet this demand. According to a report from Global-mobile Suppliers Association, as of April 2016, 494 LTE networks commercially launched in 162 countries. Telecom carriers across the world are in the middle of replacing their 2G/3G technology with the LTE technology. This transition is almost complete in major markets such as the US, Korea, and China. In the US, about 79% of total data traffic on Verizon (VZ) is carried on its LTE network. Telstra has announced its 2G network switch-off from 2016 and all Singapore carriers from 2017. These facts confirmed the adoption of broadcast LTE technologies (Heyn et al., 2016; Anis et al., 2016; 3GPP, 2015) .
Multimedia application becomes a dominant application/service in future networks, especially in cloud computing environment as well as enterprise network (Alghamdi et al., 2016) . Anis et al. (2015) reports the results of the project Integration of Broadcast and Broadband in LTE/5G (IMB5) . The IMB5 project explores the LTE-broadcast mode or evolved Multimedia Broadcast Multicast Service (eMBMS) within two detailed single-frequency-network (SFN) field trial networks in Erlangen and Munich, Germany and identifies potential improvements of the current broadcasting feature within LTE towards future releases of 4G and 5G. Two different LTE software-defined-radio platforms (one based on the Open Air Interface framework and one from National Instruments) have been setup to support detailed field experiments with the existing and future extended eMBMS beyond the state-of-the-art in LTE release 12. On the application layer, it is shown in the project, that using LTE eMBMS, a flexible service mix of unicast mobile broadband and broadcast linear TV can be delivered. For country-wide deployment of eMBMS SFNs, physical layer waveform modifications like an increased cyclic prefix compared to the current LTE standard are recommended.
The eMBMS is considered the best choice when a number of subscribers request the same data at the same time (Monserrat et al., 2012; Lecompte and Gabin, 2012) . eMBMS should support users with high throughput. Radio resource allocation in eMBMS is the most challenging problem as stated in . According to Rong et al. (2008) , Sheng et al. (2008) and 3GPP (2006) , eMBMS spectrum efficiency (SE) is directly connected with the selected modulation and coding scheme (MCS) level. Rong et al. (2008) state that SE is directly related to the eMBMS throughput. Thus, the MCS level should be selected carefully.
In unicast transmission mode, each user periodically or non-periodically sends its channel quality indicator (CQI) feedback to its base station, which is called evolved Node B (eNodeB). The eNodeB, in turn, dynamically adjusts the MCS level for that user which leads to high SE and increases the system performance. On the other hand, eMBMS users listen to the same channel with different channel conditions. Therefore, the selected MCS level should satisfy all users. However, if the MCS level was selected according to users suffering bad channel conditions, the channels will be more robust against error and failure on the account of lower bit rates. Consequently, the users with good channel conditions will sacrifice their opportunity to receive the data at high bit rates, which results in that the radio spectrum is inefficiently used Won et al., 2009) . Therefore, eMBMS faces a challenge in selecting a proper MCS level which will be suitable for all eMBMS users.
In this paper, effective MCS selection mechanisms are introduced to improve eMBMS performance. The proposed mechanisms take the users dispersion into account by using the standard deviation (StD) of users' MCS to pinpoint the users with abnormal MCS level and build algorithms accordingly.
The proposed MCS selection mechanisms
Two mechanisms are proposed in this paper. Both mechanisms are based on adaptive MCS. Both mechanisms, as well, use the StD of users' MCS levels as the basis for selecting proper MCS level. We start by discussing the fundamental concept of adaptive modulation and coding (AMC) and the mechanisms suggested in the literature to assign proper MCS level in eMBMS.
Adaptive modulation and coding
AMC is a key technique to achieve peak data rates in LTE networks (Ji et al., 2012; Fan et al., 2011) thereby increasing their throughput and improving SE (Chen et al., 2011) . The AMC is responsible to provide the user's channel condition to the packet scheduler at the eNodeB, which in turn selects the most proper MCS level to that user. Each user performs signal to interference and noise ratio (SINR) measurement for its channel, then maps the obtained SINR value to the corresponding CQI value. After that, the user sends the CQI as a feedback message to its eNodeB, which will adapt the transmission rate according to the CQI feedback (Ji et al., 2012; 3GPP, 2013) . LTE network defines 15 levels of CQI depending on the channel condition which start with the worst level (CQI = 1) and end with the highest level (CQI = 15) (see Table 1 ). Moreover, there are different types of modulation in LTE network such as quadrature phase shift keying (QPSK), 16 quadrature amplitude modulation (QAM), and 64QAM. Each modulation type has several coding rates, which composes the 15 different MCS levels. As shown in Figure 1 , users who are located near the eNodeB receive the transmitted data at high bit rate using 64QAM, while cell edge users receive the transmitted data at low bit. This is in order to maintain the connection quality and link stability without the need to increase the transmission power (Fantacci et al., 2009; Cohen et al., 2010) .
The AMC can be implemented easily and efficiently in point to point (PtP) transmission mode because MCS for any user can be accurately chosen according to user's CQI feedback report. However, in point to multi-point (PtM) transmission mode (such as eMBMS), a group of users listen to the same broadcast channel, and each user suffers from different channel propagation conditions. The eNodeB should adopt a proper MCS level which is suitable for all users in terms of throughput and robustness (Kim and Cho, 2005; Liang et al., 2011) . The eMBMS's SE and throughput directly depend on the selected MCS. According to 3GPP (2006) , in OFDMA-based multicast system, the selection of MCS is very important to improve the SE. A user who is located close to its eNodeB can receive the signal at high data rate (e.g., 64QAM modulation level), whereas those who are located far from the eNodeB and suffer bad channel conditions can only reliably receive the signal at low data rates; using, say QPSK modulation. This is depicted in Figure 1 . In the literature, there are several MCS selection mechanisms that have been proposed. We next review three of these mechanisms, namely; mechanisms based on fixed user's channel, average user's channel, and worst users channel conditions. a Fixed predetermined MCS selection A fixed MCS level will be selected to cover most of the eMBMS area (around 95%). This mechanism promises to provide QoS with a high robustness and suppresses errors at the expense of throughput and SE (Kim and Cho, 2005) . This is adequate if there are few users with steady transmission configurations and interference conditions (3GPP, 2006) , otherwise it will waste the allocated bandwidth. The most advantage of fixed mechanism is that it does not need a feedback from eMBMS users.
b Worst user channel condition MCS selection
The easiest way to select an MCS level in PtM is to select the MCS level according to the worst case user among eMBMS users group. In the worst channel gain (WCG) mechanism, the lowest MCS of all users is selected. This mechanism causes a degradation in the system performance in terms of SE and throughput since the WCG does not take into account the users' distribution. The users who enjoy good channel conditions sacrifice their opportunity to receive the data at high bit rates (using high MCS levels). On the other hand, this mechanism provides the eMBMS service with high robustness, suppresses errors, and ensures fairness, regardless of the SE (Kim and Cho, 2005; Liang et al., 2011; Bochrini et al., 2013; .
c Average MCS selection
In this mechanism, users frequently send their CQI feedback to their eNodeB which then maps the CQI to the corresponding average MCS level. The eNodeB calculates the average MCS level using equation (1) (Kim and Cho, 2005) .
where MCS i is the MCS level for user i and N is number of users who successfully sent CQI feedback.
This mechanism increases the throughput and the SE if the StD of MCSs is small. However, it cannot guarantee the QoS for all users, especially those who are suffering bad channel condition. The average MCS mechanism cannot satisfy all users' settings, especially when users' MCS levels are scattered. Thus, low MCS values of few users will slightly affect the average MCS value since there are users with high MCS values. Consequently, those users with low MCS level will suffer high bit error rate. The same mechanism was also proposed by others, e.g., in Won et al. (2009) , Bochrini et al. (2013) and Koh and Kim (2006) . We now proceed to present the two mechanisms proposed in this paper.
The proposed mechanisms
Upper and lower thresholds are calculated in both proposed mechanisms in order to determine the users who have abnormal MCSs. The abnormal users are expensive to cover and cause eMBMS performance degradation. Having done mapping the received CQIs to the corresponding MCSs at the eNodeB, thresholds calculations are summarised in the following steps:
Step 1 Calculate the average of MCS value of all eMBMS users N, using equation (1).
Step 2 Calculate the StD σ of MCSs values of all users using equation (2).
Step 3 Calculate the upper threshold T up and the lower threshold T low for all users using equation (3) and equation (4).
T up and T low values will be used to detect users with abnormal MCS level who are deviated away from the average of users' MCS average. All the above steps for the proposed mechanisms are explained in Algorithm 1.
Next we proceed to describing the two proposed mechanisms which both use the outputs of Algorithm 1; T up and T low values. 
Algorithm 1 MCS selection using StD

The M-WCG
The first proposed mechanism named as modified-worst channel gain (M-WCG). This mechanism uses the StD to exclude users with abnormal MCS level values. In a case where few users are located at the cell edge and the rest of the users are located close to eNodeB as shown in Figure 2 , selecting the MCS corresponding to the WCG as proposed in previous works such as Kim and Cho (2005) , Bochrini et al. (2013) and will result in wasting the spectrum and degrades eMBMS performance. In contrast, using the M-WCG mechanism to select a proper MCS, will exclude the users with abnormal MCS value from the worst user case calculation processes. Transmitting the data to a multicast group according to the WCG mechanism will increase the fairness between users at the expense of system throughput degradation. The performance of the multicast network is bounded by the user in worst channel condition who acts as a bottleneck phenomenon . In 2009, Zhang et al. proposed a mechanism to overcome the worst user bottleneck by using a SINR threshold to sacrifice the users who are expensive to cover. Users with G-factor less than the threshold will be excluded from link adaptation and packet scheduling. The G-factor (called static SINR) is obtained by considering shadowing and large-scale attenuation without fast fading. In this research, the same mechanism will be used, but using different threshold, now based on StD of users' MCSs. The lower and upper thresholds will be used to classify the MCSs of each multicast group into two subgroups; normal subgroup and lower abnormal subgroup denoted by MCS NG and MCS lower respectively, where:
The eNodeB will transmit the data with rate corresponding to the WCG in the , v NG MCS as in equation (7). Thus, users with MCS levels smaller than T low will receive the data with higher bit rate error compared to the users whose MCS in the normal subgroup.
The M-AVG MCS selection mechanism
In the M-AVG, the T up will be used to exclude the UEs with extremely high MCS. This exclusion can be achieved by excluding the MCSs which are larger than the T up , as used in equation (8) and equation (9).
Figure 3 The M-AVG MCS level selection at the cell edge (see online version for colours)
As illustrated in Figure 3 , three abnormal users are excluded from the NG users because they have abnormal MCS levels compared to the rest of the users. The total MCS average for all users is 5.25 (the blue solid line), where the average of the NG users is 3.875 (the red dotted line). As it can be seen in the figure, the red dotted line is more close to users compared to the blue line. As a result, the M-AVG (red dotted line) is more suitable MCS level for eMBMS compared to the average of all MCSs. To begin with, an experiment has been run on two of the mechanisms described above from literature (not the proposed ones). This is done in order to understand the effect of the selected MCS level on eMBMS performance. In the experiment, 15 scenarios with different MCSs (0, 2, 4, …, 28) were performed and repeated ten times. In each scenario, the MCS was selected at the beginning and kept throughout the simulation. For more fairness, the same random seed value has been used for each run. Moreover, 60 user equipment join the multicast session to receive the same video file. Other simulation parameters are listed in Table 2 . The experiment was first done using the fixed MCS mechanism. The results are shown in Figure 4 in which the fairness index (FI), packet loss ratio (PLR) and normalised throughput for each scenario were plotted together. From the figure, we see that the FI remains at the maximum value until the selected MCS is eight. Then it starts to drop and continue dropping until it reaches its minimum value when as the MCS is 28. This can be explained on the basis that for MCS values That are less or equal to eight, all UEs can receive the data, while some UEs cannot receive the transmitted data for MCS values greater than eight, and as the MCS level increases more, the number of those user equipment who cannot receive the data increases as well as which result in a more decrease in the FI. On other hands, the throughput is at its minimum value when the MCS equals to zero, then it starts to increase as the selected MCS increases. This continues until it reaches a maximum at MCS of 12 and it falls beyond that. The optimal FI (maximum value) and PLR (minimum value) combination occurred when the MCS is eight. The PLR parameter varies in an opposite way to the throughput variation. However, the throughput reaches its maximum value a while after the optimum FI/PLR combination, i.e., at a point (FI = 0.84, PLR = 0.26, MCS = 12) after that the FI starts to decrease and the PLR starts to increase. Hence, for maximum throughput, some sacrifice in fairness and extra packet losses has to be tolerated. The same scenarios were performed using the WCG mechanism instead of the fixed MCS. In order to compare the performance of the fixed and WCG, the selected working point by the WCG is shown on the same graph in Figure 4 . Clearly, the WCG selects an MCS level which reduces the eMBMS performance in terms of PLR and throughput. Meanwhile, there is a chance to select another MCS level which can improve the eMBMS performance with little impact on FI. From this point, the M-WCG was proposed in this paper to overcome the limitation of the WCG.
LTE simulator (LTE-Sim) has been used to evaluate the proposed mechanisms after extremely modifying and extending its functions and classes in order to support the eMBMS network. LTE-Sim is an open source framework simulator developed by Piro et al. (2011) .
Simulation scenarios
Simulation experiments similar to those described in the previous section were applied in this section as well with more performance measures recorded. The M-WCG mechanism has been compared with the conventional WCG mechanism in terms of PLR, throughput, FI, and delay. Moreover, the M-AVG was compared with the conventional average mechanism. Only eMBMS has been activated in the simulation, so no unicast services have been used during the eMBMS session. The whole bandwidth was assigned to the eMBMS and shared between all sessions. We simulated all mechanisms through three scenarios. In first scenario we experimented using different number of multicast groups, each group has the same number of users (N = 60 and video rate equal to 440 kbps). In the second scenario, we experiment using different video rates with single group of 60 users. Finally, a single group with different number of users has been evaluated using a video rate equal to 440 kbps in the third scenario. Moreover, the network traffic was generated from a real video file with 440 kbps. In order to scale the 440 kbps trace file to generate new trace files with different rates, we followed the two steps method as described in Seeling and Reisslein (2005) . Since the video application is sensitive to delay, the maximum delay allowed was set to 0.06 second. The scheduler will drop any packet exceeding this. For more accurate results, each scenario was repeated ten times, and then the average performance values were calculated. The simulation parameters are listed in Table 2 . Figure 5 shows the PLR vs. number of eMBMS groups. The M-WCG mechanism provides lower PLR compared to the WCG. This is because WCG selects the lowest MCS level which results in low bit rate transmission, and this, in turn, forces the packets to wait in the MAC queue until they are transmitted or dropped once a packet delay exceeds the maximum allowable delay period. The same reason makes the delay of WCG bigger than the delay of the M-WCG, as shown in Figure 7 . In fact, the WCG provides lower packet error rate when comparing to the M-WCG. However, when the number of sessions was increased, each session will get a lower bandwidth which may not be enough to transmit the data with low MCS level and then causes in high PLR at the transmitter. As a consequence of the low PLR and high bit rate, M-WCG make its throughput better than the throughput of the WCG mechanism, as plotted in Figure 6 . These enhancements of the M-WCG are attained on account of FI degradation. This is shown in Figure 8 where the WCG provides a higher FI compare to the M-WCG. This is because M-WCG transmits the data at a little bit higher rates which cannot be decoded by all UEs. Figure 9 shows that the M-AVG MCS selection mechanism introduces higher throughputs than the conventional Average MCS selection mechanism. The M-AVG MCS selection mechanism provides low PLR compared to the conventional MCS average selection as exhibited in Figure 10 . When the number of mobile groups increases, here exceeding four groups, the number of radio resources assigned to each group will not be enough to transmit the data using the selected MCS. Thus, the dropped packets at the MAC layer will increase, as well as, the waiting time of each packet to get scheduled and transmitted through the physical layer, as illustrated in Figure 11 . Finally, the FI of all mechanisms are plotted in Figure 12 . The best FI was introduced by M-WCG, WCG, and then M-AVG. whereas, the average mechanism introduces the lowest FI when comparing to other mechanisms. 
Simulation results
Different groups number
Different video rates
In this scenario, we evaluated both the proposed M-WCG and M-AVG mechanisms and the existing WCG and AVG mechanisms. As shown in Figure 13 , throughput and delay of all mechanisms increase as the video rate expands, whereas, the block error ratio (BLER) and FI are slightly affected by expanding the video rate. However, the increase in throughput will continue until the transmitted video rate exceeds the available network resources. As shown in Figure 13 (a) at the low-rate video (such as 440 kbps), the proposed M-WCG mechanism produces better throughput than the other mechanisms, whereas, the Average mechanism provides the lowest throughput. Once the video rate exceeds the 1,320 kbps, M-AVG provides the best throughput. Figure 13 (b) depicts the delay of each mechanism when various video rates are used. The WCG mechanism provides the largest delay among other mechanisms. This is due to its low transmission rate, which necessitates more time to transmit a frame. On the contrary, the lowest delay is obtained with the Average mechanism. Figure 13 (c) and 13(d) illustrate the performance of all mechanisms under study in terms of BLER and FI respectively. It is worthy to notice that the conventional WCG provides the lowest BLER and the highest FI. The proposed M-WCG introduces a close result to the WCG. Moreover, the M-AVG mechanism provides a moderate performance, whereas, the Average mechanism provides the worst BLER and FI among all other mechanisms. Overall, the M-AVG mechanism performance is significantly better than the Average mechanism. However, the performance of each mechanism does not much change with all video rates. This is because the BLER and FI are directly affected by the users' channels quality. The high video rates slightly affects the BLER, because the video frame size becomes large and requires several TTIs to be transmitted. During a long frame transmission time, and due to fast fading, some users may fail to receive part of the frame, which results in dropping the frame. Thus, the probability of BLER increases as the frame size increases. 
Different number of users
The third scenario was conducted to investigate how the number of users in a multicast group affects the performance of all mechanisms under study. As shown in Figure 14 , the throughput and delay of WCG are degraded as the number of users is increased. The reason behind this is the probability of finding a cell edge user increases as the number of users increases. Other mechanisms' performance does not change when the number of users increases. Compared to the conventional WCG and the average mechanisms, the proposed mechanisms show better performance in view of throughput BLER and FI. However, the average MCS introduces less delay than all other mechanisms at all video rates with comparable or better throughputs at high video rates. The high BLER of the average mechanism (more than 3%) makes it unreliable to be used in a real system without combining other techniques such as opportunistic, multirate, multilayer multicast networks. Combining with any one of these techniques would improve the proposed mechanisms. This idea can be a future work. 
Conclusions
The increasing demand for more bandwidth for mobile broadband has created pressure on broadcast television with respect to spectrum allocation to traditional broadcast television and the mobile broadband using e-MBMS LTE. In this paper, two mechanisms (M-WCG and M-AVG MCS level mechanism) were proposed to efficiently select the optimal MCS level based on the StD of users' MCSs level. The proposed mechanisms have been evaluated using LTE-Sim. The simulation results show that, in comparing to WCG, the M-WCG mechanism increases the performance, in term of throughput, PLR, and delay, with very little degradation in the FI; whereas, the M-AVG introduces a high FI in compare to the conventional average with degreasing in delay. Moreover, the PLR and throughput of M-AVG are stay better than as in conventional average while the number of MGs still small.
As for the next work, the use of multirate technique should be considered. Thus, the data will be transmitted on two or three different rates; each rate will be assigned to a subgroup. The data will be transmitted with the rate of the WCG in the subgroup.
